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DETAILED ACTION 
Continued Examination Under 37 CFR 1. 1 14 

1 . A request for continued examination under 37 CFR 1.114, including the fee set 
forth in 37 CFR 1.17(e), was filed in this application after final rejection. Since this 
application is eligible for continued examination under 37 CFR 1.114, and the fee set 
forth in 37 CFR 1.17(e) has been timely paid, the finality of the previous Office action 
has been withdrawn pursuant to 37 CFR 1.114. Applicant's submission filed on 
12/26/2007 has been entered. 

Claim Rejections - 35 USC § 103 

2. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

3. Claim 1, 2, 5-7, and 10-13 rejected under 35 U.S.C. 103(a) as being 
unpatentable over Arean et al US 6253185 B1 (hereinafter Arean) in view of Akagiri US 
54901 30 A (hereinafter Akagiri). 

Re claims 1 and 6, Arean teaches an audio data encoding apparatus comprising: 
a time-to-frequency converting unit that receives a time domain audio signal and 

converts the time domain audio signal to a frequency domain audio signal (Col. 1 1 line 

59-61 and Fig. 8); 
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a spectral processor that receives the frequency domain audio signal and 
performs spectral processing on the frequency domain audio signal according to an 
audio encoding format (Col. 17 line 45-59); 

a masking threshold calculator that receives the frequency domain audio signal 
CCol. 12 line 4-7), calculates an energy level for each frequency band of the frequency 
domain audio signal, approximates an energy distribution curve (Col. 2 line 13-33 & fig. 
11-12) to a distribution pattern of noise threshold levels calculated by a psychoacoustic 
model (Col. 11 line 28 - Col. 12 line 18 & Fig. 6A-6B), the energy distribution curve 
connecting the calculated energy levels, and calculates a scale factor band gain for 
each frequency band (Col. 12 line 9-14); 

a quantization noise curve adjuster (Col. 2 lines 13-45) that adjusts a common 
gain to meet a target bit rate (Col. 12 line 19-33) and matches a quantization noise 
curve to the approximated energy distribution curve while fixing the scale factor band 
gain for each frequency band (Col. 12 line 9-14) 

wherein the masking threshold calculator comprises: 

an energy distribution curve calculator that performs Modified Discrete Cosine 
Transform (MDCT) on the frequency domain audio signal to calculate the energy level 
for each frequency band (Col. 12 line 9-14) 

a quantization noise curve pattern estimator that adjusts quantization noise 
distribution (Col 14 lines 13-35) by relatively adjusting a gain for each frequency band 
based on the calculated energy distribution curve in order to approximate the energy 
distribution curve to the distribution pattern of noise threshold levels (Col. 12 line 18-34); 
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a bit adjustment initial value setter that determines the scale factor band gain in 
such a way as to use more bits than the target bit rate (Col. 12 line 18-34). 

However, Arean fails to particularly teach energy levels individual frequency band 
with different levels (Akagiri Col. 1 8 lines 46-66 & Fig. 6-8). 

Akagiri teaches an allowable noise level calculating circuit 20 also calculates the 
difference between the energy or peak signal amplitude in each band and the allowable 
noise level in each band and feeds this information to the adaptive bit allocation and 
quantizing circuit 18. From this information, the adaptive bit allocation and quantizing 
circuit 18 determines the number of bits to allocate to each band for quantizing the 
spectral coefficients in the band, and re-quantizes the spectral coefficients in each band 
using to the number of bits allocated to the band. The spectral coefficients, re- 
quantized as just described, are supplied to the multiplexer 51 as the main information 
of the compressed signal fed from the multiplexer to the output terminal 19. 

Additionally, Akagiri teaches the band energy calculating circuit determines the 
energy in each critical band by calculating the sum of the amplitudes of the spectral 
coefficients in the band. The band energies can also be calculated by a root-mean- 
square calculation using the spectral coefficients. The peak or mean values of the 
amplitudes of the spectral coefficients may be used instead. The output of the band 
energy calculating circuit 22 is a spectrum of the energy in each critical band, and is 
called a bark spectrum. FIG. 7 shows such a bark spectrum SB of the energies in 
twelve successive critical bands. To take account of the effect of the bark spectrum SB 
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on masking, convolution processing is carried out in which the bark spectrum is 
multiplied by predetermined weighting coefficients and the resulting products are 
summed. The convolution processing calculates the sum of the effects of the energies 
in the neighboring critical bands on the masking level in each critical band. These are 
indicated by the broken lines in FIG. 7 (Akagiri Col. 19 lines 1-25). 

Akagiri also teaches allowable noise correction circuit 30 and the output terminal 
31 to the adaptive bit allocation and quantizing circuit 18, which includes the ROM 50, in 
which, e.g., plural pre-allocated bit allocation patterns are stored. In response to the 
difference between the energy in each band and the allowed noise level for each band 
obtained via the allowed noise correction circuit 30 from the subtractor 28 in the allowed 
noise level calculating circuit, the ROM 50 selects one of the pre-allocated bit allocation 
patterns and reads out an allocated bit number for each band. The adaptive bit 
allocation and quantizing circuit then requantizes the spectral coefficients (Akagiri Col. 
20 lines 13-26). 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention calculating energy levels for each frequency band, where an 
energy distribution can be approximated to noise thresholds. Using individual frequency 
bands allows for the proper noise threshold applied between the energy levels in a 
signal, where masking can be implemented, bits allocated, and bit allocation patterns 
stored. Additionally, the use of individual frequency bands allows for a requantization of 
spectral coefficients in each band, where a noise correction can be implemented to find 
noise present when there is a difference in energy levels in neighboring bands. 



Application/Control Number: 10/725,433 



Art Unit: 2626 



Page 6 



Re claim 2, Arean teaches a time-to-frequency converting unit performs Modified 
Discrete Cosine Transform (MDCT) on the input time domain signal (Arean Col. 1 1 line 
61-65). 

Re claim 5, Arean fails to teach a quantization noise curve adjuster compares the 
number of bits available for a given bit rate with the number of bits used, and if the 
number of bits used is smaller than the number of bits available, performs encoding 
using the number of bits available, or, if the number of bits used is not smaller than the 
number of bits available (Akagiri Col. 21 lines 20-38), repeats matching of the 
quantization noise curve. 

Akagiri teaches a correction information output circuit 33 that may be used to 
correct the allowable noise level in response to information indicating the difference 
between the number of bits used by the adaptive bit allocation and quantizing circuit 18 
(FIG. 4) for quantizing the spectral coefficients, and the target bit rate of the 
compressed signal. This correction is required because an error may exist between the 
total number of bits allocated in an advance bit allocation by the adaptive bit allocation 
and quantizing circuit 18 and the number of bits corresponding to the target bit rate of 
the compressed signal. Therefore, the bit allocation must be repeated to reduce the 
error to zero. The second bit allocation is carried out such that, when the total number 
of allocated bits is less than the target value, a number of bits equal to the difference is 
distributed among the bands to add to the bits already allocated. On the other hand, 
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when the total number of allocated bits is greater than the target value, a number of bits 
equal to the difference is distributed among the bands for removal from the bits already 
allocated. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention a bit availability comparison scheme to allow for encoding available 
bits. Bit allocation allows for the reduction of error, where a compressed signal relative 
to a target value can be maintained to be greater than the allocated bits. Additionally, 
using a bit allocation amount relative to a target value would ensure proper compression 
without losing data. 

Re claims 7 and 10-13, Arean teaches an audio data encoding method 
comprising: 

(a) receiving a time domain audio signal and converting the time domain audio 
signal to a frequency domain signal (Col. 17 line 45-59); 

(b) performing spectral processing on the frequency domain signal according to 
an audio encoding format (Col. 1 1 line 59-61 and Fig. 8); 

(c) receiving the frequency domain signal, calculating an energy level for each 
frequency band of the frequency domain signal (Col. 12 line 4-7), approximating an 
energy distribution curve (Col. 2 line 13-33 & fig. 1 1-12) to a distribution pattern of noise 
threshold levels calculated by a psychoacoustic model (Col. 1 1 line 28 - Col. 12 line 18 
& Fig. 6A-6B), the energy distribution curve connecting the calculated energy levels, 
and calculating a scalefactor band gain for each frequency band (Col. 12 line 9-14); 
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(d) adjusting a common gain (Col. 2 lines 13-45) to meet a target bit rate (Col. 12 
line 19-33) and matching a quantization noise curve to the approximated energy 
distribution curve while fixing the scalefactor band gain for each frequency band (Col. 
12 line 9-14) 

wherein (c) comprises: 

(cl) calculating the energy level for each frequency band with the frequency 
domain (Col. 12 line 9-14) 

(c2) approximating the energy distribution curve (Col 14 lines 13-35) to the 
distribution pattern of noise threshold levels by approximating the energy level for each 
frequency band (Col. 2 line 13-33 & fig. 11-12) and estimating the pattern of a 
quantization noise distribution curve using a distribution pattern of the approximated 
energy levels (Col. 12 line 18-34); 

(c3) determining an initial value for bit adjustment in order to match the 
quantization noise distribution curve to the energy level for each frequency band (Col. 2 
line 13-33 & fig. 11-12) according to a target bit rate and calculating a scalefactor band 
gain for each frequency band (Col. 12 line 18-34), 

However, Arean fails to teach wherein in (c2), if a signal in one of adjacent 
frequency bands has an energy level greater than that of a signal in a particular 
frequency band (Akagiri Col. 18 lines 46-66 & Fig. 6-8), the energy level of the signal in 
the particular band is increased by a predetermined ratio (Akagiri Col. 19 lines 1-25) 
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with respect to a difference with the greater energy level in the adjacent frequency band 
(Akagiri Col. 18 lines 46-66 & Fig. 6-8). 

Akagiri teaches an allowable noise level calculating circuit 20 also calculates the 
difference between the energy or peak signal amplitude in each band and the allowable 
noise level in each band and feeds this information to the adaptive bit allocation and 
quantizing circuit 18. From this information, the adaptive bit allocation and quantizing 
circuit 1 8 determines the number of bits to allocate to each band for quantizing the 
spectral coefficients in the band, and re-quantizes the spectral coefficients in each band 
using to the number of bits allocated to the band. The spectral coefficients, re- 
quantized as just described, are supplied to the multiplexer 51 as the main information 
of the compressed signal fed from the multiplexer to the output terminal 19. 

Additionally, Akagiri teaches the band energy calculating circuit determines the 
energy in each critical band by calculating the sum of the amplitudes of the spectral 
coefficients in the band. The band energies can also be calculated by a root-mean- 
square calculation using the spectral coefficients. The peak or mean values of the 
amplitudes of the spectral coefficients may be used instead. The output of the band 
energy calculating circuit 22 is a spectrum of the energy in each critical band, and is 
called a bark spectrum. FIG. 7 shows such a bark spectrum SB of the energies in 
twelve successive critical bands. To take account of the effect of the bark spectrum SB 
on masking, convolution processing is carried out in which the bark spectrum is 
multiplied by predetermined weighting coefficients and the resulting products are 
summed. The convolution processing calculates the sum of the effects of the energies 
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in the neighboring critical bands on the masking level in each critical band. These are 
indicated by the broken lines in FIG. 7 (Akagiri Col. 19 lines 1-25). 

Akagiri also teaches allowable noise correction circuit 30 and the output terminal 
31 to the adaptive bit allocation and quantizing circuit 18, which includes the ROM 50, in 
which, e.g., plural pre-allocated bit allocation patterns are stored. In response to the 
difference between the energy in each band and the allowed noise level for each band 
obtained via the allowed noise correction circuit 30 from the subtractor 28 in the allowed 
noise level calculating circuit, the ROM 50 selects one of the pre-allocated bit allocation 
patterns and reads out an allocated bit number for each band. The adaptive bit 
allocation and quantizing circuit then requantizes the spectral coefficients (Akagiri Col. 
20 lines 13-26). 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention calculating energy levels for each frequency band of 
adjacent/neighboring frequency bands that are compared to one another having a 
difference greater than other frequency bands, where a ratio / weighting coefficient is 
used to alter the energy level to overcome noise in a signal. Using individual frequency 
bands allows for the proper noise threshold applied between the energy levels in a 
signal, where masking can be implemented, bits allocated, and bit allocation patterns 
stored. Additionally, the use of individual frequency bands allows for a requantization of 
spectral coefficients in each band, where a noise correction can be implemented to find 
noise present when there is a difference in energy levels in neighboring bands. 



Application/Control Number: 1 0/725,433 Page 1 1 

Art Unit: 2626 

4. Claim 3 rejected under 35 U.S.C. 103(a) as being unpatentable over Arean 
etal US 6253185 B1 (hereinafter Arean) in view of Akagiri US 5490130 A 
(hereinafter Akagiri) and further in view of Araki 6,456,963 (hereinafter Araki). 

Re claim 3, Arean in view of Akagiri fails to the apparatus of claim 1 , wherein the 
spectral processor performs Temporal Noise Shaping (TNS) (Araki col. 2 line 26-35), 
Long Term Prediction (LTP), or Perceptual Noise Substitution (PNS) according to an 
audio encoding format. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention using temporal noise shaping to process an audio signal. Using 
temporal noise shaping allows for linear/adaptive predictive coding to process speech or 
other audio signals in compressed formal, where thresholds can be implemented for 
masking purposes to perceptual coding in a reduced quantization environment. 

5. Claims 14-19 rejected under 35 U.S.C. 103(a) as being unpatentable over 
Arean et al US 6253185 B1 (hereinafter Arean) in view of Akagiri US 5490130 A 
(hereinafter Akagiri) and further in view of Hotta US 20020120442 A1 (hereinafter 
Hotta). 

Re claims 14-19, Arean teaches the apparatus of claim 1 , wherein the 
quantization noise curve pattern estimator (Col 14 lines 13-35) approximates the energy 
distribution curve (Col. 2 line 13-33 & fig. 11-12) to the distribution pattern of noise 
threshold levels (Col. 12 line 18-34) 
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However, Areari in view of Akagiri fails to teach without using the distribution of 
noise threshold levels (Hotta [0277] & [0278]) calculated by the psychoacoustic model 
(Hotta [0023] & [0287]). 

Hotta teaches an audio signal encoding apparatus which is capable of preventing 
deterioration in the objective characteristics of a signal to be encoded without using 
parameters from a psychoacoustic model generated based on the human auditory 
characteristics or by replacing such parameters with those by which the signal can be 
effectively quantized in cases where the width of a frequency band in which the 
frequency component such as a sine wave of the signal concerned exists is narrow. 

Hotta also teaches a masking threshold in the block type determination section 
12, and supplies the resultant SMR thus generated to the allowable error amount 
calculation section 31. [0278] The allowable error amount calculation section 31 in the 
iterative loop processing section 3 carries out multiplication between the MDCT 
frequency spectrum and the reciprocal (1 /SMR) of SMR so as to calculate an allowable 
amount of error. Note that the amount of error as referred to herein represents a 
difference between the MDCT frequency spectrum from the MDCT processing section 2 
and the dequantized value generated through quantization/dequantization, i.e., a 
quantizing error, and as long as this value remains within an allowable range, noise can 
not be perceived by the human ear. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time of the invention approximating through quantization noise estimation, energy 
distribution to noise threshold levels without the use of a psychoacoustic model 
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distribution. Mapping noise threshold levels to energy distribution curves without the 
use of a psychoacoustic model or the like allows for a reducing processing time and 
memory, where alternative parameters can replace the psychoacoustic parameters. 
Additionally, signal can be effectively quantized, thereby preventing deterioration in the 
objective characteristics of the signal. Additionally, the processing of calculating the 
SMR and the processing of calculating the allowable amount of error can be omitted, 
thus providing an effect of reducing the amount of processing. 

Conclusion 

6. The prior art made of record and not relied upon is considered pertinent to 
applicant's disclosure. US 5241603 A, US 5559900 A, US 5654952 A, US 5778339 A, 
US 6104996 A, US 5839110 A, US 4563638 A, US 5956674 A, US 5307405 A, US 
200601 30637 A1. 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Michael C. Colucci whose telephone number is (571)- 
270-1847. The examiner can normally be reached on 9:30 am - 6:00 pm, Monday- 
Friday. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Richemond Dorvil can be reached on (571)-272-7602. The fax phone 
number for the organization where this application or proceeding is assigned is 571- 
273-8300. 
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Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 



Michael Colucci Jr. 
Patent Examiner 
AU 2626 
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Michael.Colucci@uspto.gov 
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